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1
METHOD AND APPARATUS FOR
GENERATING AN ELECTRODE
STIMULATION SIGNAL IN A NEURAL
AUDITORY PROSTHESIS

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application is a continuation of copending Interna-
tional Application No. PCT/EP2010/069522, filed Dec. 13,
2010, which is incorporated herein by reference in its entirety,
and additionally claims priority from U.S. Application No.
61/310,425, filed Mar. 4, 2010, which is incorporated herein
by reference in its entirety.

BACKGROUND OF THE INVENTION

Embodiments of the invention relate to a method and an
apparatus for generating an electrode stimulation signal in a
neural auditory prosthesis. In embodiments of the invention,
a selection of a particular electrode from a plurality of avail-
able electrodes is partially random.

The field of the present invention relates to an auditory
prosthesis, like a cochlear implant or a brainstem implant,
configured for delivery of non-simultaneous stimulation
through at least two active electrodes.

The global deaf population is roughly estimated to be 0.1%
of the total population. There are various causes of deafness
including infectious, traumatic, toxic, age-related, occupa-
tional, and genetic disorders. In the majority of the cases the
inner ear, i.e. the cochlear structure, is damaged.

Nowadays, however, there are ways to bypass the periph-
eral auditory system and directly stimulate auditory nerve
fibers. This process is made available by the cochlear
implants (Cls), which have been the target of intensive
research for over fifty years by now, and by the more recent
brainstem implants (BIs). Even though cochlear implants are
the most successful neural prosthesis ever, hearing can only
be partially restored by them. Patients achieve an average of
almost 80% in speech recognition tests under quiet conditions
(without lip-reading) until the end of the second year after
implantation (cf. the article “Evidence that cochlear-im-
planted deaf patients are better multisensory integrators” by
Rouger et al.,, published in Proc. Nat. Acad. of Sciences
(PMAS), vol. 104 (17), pp. 7295-7300, 2007 and in Journal of
Acoust. Soc. Am., vol. 111 (5), Pt. 1, May 2002), but most
cochlear implant recipients remain unable to enjoy music or
to distinguish among complex sounds. Moreover, speech rec-
ognition in noisy environments is still a challenge for most
cochlear implant recipients.

Even today a number of modern CI systems employ speech
processing strategies that are still based on very “simple”
filter-banks (e.g. the Fast Fourier Transform (FFT), dating
back to the mid-1960s) to mimic the complex functionality of
the human auditory system. On the other hand, numerous
biologically motivated models of the basilar membrane (BM,
organ of the cochlear filtering) and of auditory structures—
having strong non-linear properties beyond the BM have been
developed during the last 20 years.

Recent research of the inventor indicates that time has
come for practical CI/BI systems and theoretical ear models
to converge and facilitate a higher quality of restoration of
hearing.

U.S. Patent Application Publication No. 2009/0030486 A1
discloses a method of generating a control signal for a
cochlear implant based on an audio signal. An activity pattern
over time at a plurality of inner ear cells of an auditory model
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2

is calculated. Activity events within the activity pattern are
filtered out based on a recognition of a characteristic pattern
in the activity pattern, whereby cleared information is
obtained. The cleared information is further used as a control
signal for the cochlear implant, or the control signal for the
cochlear implant is derived from the cleared information. The
idea disclosed in the *486 U.S. patent application is based on
the knowledge that in an activity pattern, a multitude of activ-
ity impulses is present at a plurality of inner ear cells of an
auditory model over a time, which are not relevant for a
patient’s auditory sensation. Thus, a characteristic pattern in
the nerve activity pattern can be recognized and, based on the
recognition of the characteristic pattern, some of the activity
events can be filtered out because they are only of secondary
importance for a patient’s perception. An example of the
recognition of the characteristic pattern is a Hough-based
pattern classification.

SUMMARY

According to an embodiment, a method of generating a
control signal for a neural auditory prosthesis, based on an
audio signal, may have the steps of receiving a plurality of
frequency bin signals; determining whether one electrode of
the neural auditory prosthesis had been selected for stimula-
tion during a previous stimulation cycle; attenuating a corre-
sponding frequency bin signal that corresponds to the deter-
mined electrode stimulated during the previous stimulation
cycle; assigning a selection probability value to at least one
frequency bin signal of the plurality of frequency bin signals;
selecting one frequency bin signal of the plurality of fre-
quency bin signals by means of a random process taking into
account the selection probability value assigned to the at least
one frequency bin signal; and generating an electrode stimu-
lation signal for application to an electrode of the neural
auditory prosthesis corresponding to a frequency of the
selected frequency bin signal.

According to another embodiment, a computer readable
digital storage medium may have stored thereon a computer
program having a program code for performing, when run-
ning on a computer, a method for signal processing of a signal
in a neural auditory prosthesis to generate a control signal for
the neural auditory prosthesis, wherein the method may have
the steps of receiving a plurality of frequency bin signals;
determining whether one electrode of the neural auditory
prosthesis had been selected for stimulation during a previous
stimulation cycle; attenuating a corresponding frequency bin
signal that corresponds to the determined electrode stimu-
lated during the previous stimulation cycle; assigning a selec-
tion probability value to at least one frequency bin signal of
the plurality of frequency bin signals; selecting one frequency
bin signal of the plurality of frequency bin signals by means
of a random process taking into account the selection prob-
ability value assigned to the at least one frequency bin signal;
and generating an electrode stimulation signal for application
to an electrode of the neural auditory prosthesis correspond-
ing to a frequency of the selected frequency bin signal.

According to another embodiment, a auditory stimulation
signal processing device may have a plurality of signal inputs
adapted to receive a plurality of frequency bin signals; an
amplitude equalizer adapted to perform an amplitude equal-
ization on the received plurality of frequency bin signals and
to determine whether one electrode of the neural auditory
prosthesis had been selected for stimulation during at least
one previous stimulation cycle among a certain number of
previous stimulation cycles and to attenuate a corresponding
frequency bin signal that corresponds to the determined elec-
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trode stimulated during the previous stimulation cycle among
the certain number of the last stimulation cycles; a selection
probability value assigner adapted to assign a selection prob-
ability value to at least one frequency bin signal of the plu-
rality of frequency bin signals; a random selector adapted to
select one frequency bin signal from the plurality of fre-
quency bin signals by means of a random process taking into
account the selection probability value assigned to the at least
on frequency bin signal; and an electrode stimulation signal
generator adapted to generate an electrode stimulation signal
for application to an electrode of a neural auditory prosthesis,
the electrode corresponding to a frequency of the selected
frequency bin signal.

According to an embodiment, a method of generating a
control signal for a neural auditory prosthesis, based on an
audio signal, may have the actions of: receiving a plurality of
frequency bin signals; assigning a selection probability value
to at least one frequency bin signal of the plurality of fre-
quency bin signals; selecting one frequency bin signal of the
plurality of frequency bin signals by means of a random
process taking into account the selection probability value
assigned to the at least one frequency bin signal; and gener-
ating an electrode stimulation signal for application to an
electrode of the neural auditory prosthesis corresponding to
the frequency of the selected frequency bin signal.

According to another embodiment, an auditory stimulation
signal processing device may have: a plurality of signal inputs
adapted to receive a plurality of frequency bin signals; a
selection probability value assigner adapted to assign a selec-
tion probability value to at least one frequency bin signal of
the plurality of frequency bin signals; a random selector
adapted to select one frequency bin signal from the plurality
of frequency bin signals by means of a random process taking
into account the selection probability value assigned to the at
least one frequency bin signal; and an electrode stimulation
signal generator adapted to generate an electrode stimulation
signal for application to an electrode of a neural auditory
prosthesis, the electrode corresponding to a frequency of the
selected frequency bin signal.

Another embodiment may have a computer program hav-
ing program code for performing, when running on a com-
puter, a method of generating a control signal for a neural
auditory prosthesis as mentioned above.

In embodiments of the invention, an amplitude equaliza-
tion may be performed on the received plurality of frequency
bin signals. Hence, the auditory stimulation signal processing
device may further comprise an amplitude equalizer adapted
to perform an amplitude equalization on the received plurality
of frequency bin signals.

Embodiments of the invention are based on the recognition
that a degree of randomness in the electrode stimulation sig-
nal or the control signal relative thereto is likely to add to a
bio-compatibility of the electrode stimulation signal. A pos-
sible explanation is that the neural auditory prosthesis inter-
faces with a remaining, healthy part of the recipient’s audi-
tory sense which is used to, or genetically predetermined,
receiving nervous stimuli from a natural, now defunct part of
the auditory sense.

In embodiments of the disclosed teachings, the plurality of
frequency bin signals may be received from a filter bank
based on a stimulation of at least one of a basilar membrane
and an inner hair cell.

In embodiments of the teachings disclosed herein, a plu-
rality of selection probability values may be assigned to a
plurality of frequency bin signals, respectively. Typically, at
least two probability selection values for at least two fre-
quency bin signals are non-zero, that is these at least two
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selection probability values have non-negligible values so
that a random selection between the at least two frequency bin
signals is performed.

In embodiments of the disclosed teachings, frequency bin
signals having a high magnitude with respect to other fre-
quency bin signals may be assigned high-valued selection
probability values compared to the selection probability val-
ues assigned to frequency bin signals having a relatively
lower magnitude. The selection probability assigner of the
auditory stimulation signal processing device may be further
adapted to assign high-valued selection probability values to
frequency bin signals having a high magnitude with respect to
other ones of the plurality of frequency bin signals.

In embodiments of the disclosed teachings the method may
further comprise:

determining whether an electrode of the neural auditory

prosthesis had been selected for stimulation during a
previous stimulation cycle; and

attenuating a corresponding frequency bin signal that cor-

responds to the determined electrode stimulated during
the previous stimulation cycle.

In the case of an auditory stimulation signal processing
device, this functionality may be provided by the amplitude
equalizer, i.e., the amplitude equalizer may be adapted to
determine whether one electrode of the neural auditory pros-
thesis had been selected for stimulation during at least one
previous stimulation cycle among a certain number of previ-
ous stimulation cycles and to attenuate a corresponding fre-
quency bin signal that corresponds to the determined elec-
trode stimulated during the previous stimulation cycle among
the certain number of the last stimulation cycles. In the alter-
native to the amplitude equalizer, this functionality or an
equivalent functionality may be provided by another compo-
nent of the auditory stimulation signal processing device.

In embodiments of the teachings disclosed herein, the
method may comprise further actions prior to assigning the
selection probability values to a plurality of frequency bin
signals. One of these actions may be a mapping of an ampli-
tude of each one of the plurality of frequency bin signals to a
loudness-map representation of the amplitude, the mapping
being based on patient-specific conditions. The auditory
stimulation signal processing device may further comprise a
loudness mapping function connected to the signal input and
adapted to map an amplitude of at least one of the plurality of
frequency bin signals to a loudness-mapped representation of
the amplitude, the mapping being based on patient-specific
conditions.

In embodiments of the disclosed teachings, the method
may further comprise an action of (randomly) varying a
stimulation signal generation parameter used for generating
the electrode stimulation signal. This relates to other aspects
of adding a certain degree of randomness to the electrode
stimulation signal generation.

In embodiments of the disclosed teachings, the parameter
modifier may comprise a randomizer so that the variation of
the stimulation signal generation parameter is based on a
random process.

In embodiments of the disclosed teachings, the stimulation
signal generation parameter may affect a waveform of the
electrode stimulation signal. In particular, a template for cre-
ating the electrode stimulation signal may comprise a tempo-
ral gap in which the template is substantially zero-valued
between two non-zero sections. The stimulation signal gen-
eration parameter subject to random variation may be a dura-
tion of the temporal gap between the two non-zero sections.

In the following specification, the neural auditory prosthe-
sis will be described as a cochlear implant. It is, however,
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clear for a person skilled in the art that it is possible to employ
the inventive approach with other types of neural auditory
prostheses.

BRIEF DESCRIPTION OF THE DRAWINGS

Embodiments of the teachings disclosed herein will be
detailed subsequently referring to the appended drawings, in
which:

FIG. 1 is a schematic block diagram illustrating an over-
view of a neural auditory prosthesis;

FIG. 2 shows frequency-over-time representations of some
signals within the neural auditory prosthesis;

FIG. 3 is a schematic block diagram of components of the
neural auditory prosthesis;

FIGS. 4A and 4B show a schematic flow chart of a method
according to the teachings disclosed herein;

FIG. 5 is a graph illustrating a characteristic of a basilar
membrane as a function of loudness;

FIG. 6 is a schematic flowchart of the method according to
the teachings disclosed herein;

FIG. 7 shows two temporal diagrams illustrating an aspect
of' stochastic generation of stimulation signals according to an
aspect of the teachings disclosed herein;

FIG. 8 shows three exemplary probability density distribu-
tions illustrating stochastic electrode selection according to
an aspect of the teachings disclosed herein;

FIG. 9 shows a schematic flowchart of an aspect according
to the teachings disclosed herein; and

FIG. 10 shows a schematic block diagram of components
of a neural auditory prosthesis according to an aspect of the
teachings disclosed herein.

DETAILED DESCRIPTION OF THE INVENTION

FIG. 1 shows a schematic block diagram of a neural audi-
tory prosthesis 100 in which some of the main components
are illustrated. Generally, the neural auditory prosthesis 100
receives a sound signal, processes the sound signal, and gen-
erates an electrical stimulation signal. Depending on the ana-
tomical site where the electrical stimulation signal stimulates
a recipient’s nervous tissue, the neural auditory prosthesis
100 may comprise a cochlear implant (CI), a brainstem
implant (BI), or another type of implant. In the case of a
cochlear implant a stimulation device 114 is implanted in the
cochlea of the recipient. In the case of a brainstem implant,
the stimulation device 114 may comprise electrodes that are
implanted near the surface of the cochlear nucleus of the
brainstem.

The auditory neural prosthesis 100 typically receives an
audio signal at an audio signal interface 102, which generates
sound data corresponding to the audio signal. The audio sig-
nal interface 102 may comprise a microphone, an amplifier,
and an analog-to-digital converter. The sound data is trans-
mitted to a filter bank 104 which may be based on a simulation
model of the basilar membrane (BM) and/or a simulation
model of the inner hair cells (IHC). The filter bank 104 ana-
lyzes the sound data with respect to frequency contents of the
sound data falling into a plurality of frequency ranges. The
filter bank 104 may be based on a computer simulation of a
basilar membrane model, or it could be based on e.g. a Fast
Fourier transform. The filter bank 104 has M output bands,
each of the output bands containing a frequency bin signal of
a plurality of frequency bin signals 105. In an exemplary
implementation of the filter bank 104 a frequency resolution
is set to 0.25 Bark/band, which results in 101 bands over the
whole audible range. A sampling rate is set to 44100/s in this
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exemplary implementation. Next, only the M of 101 bands
are kept, which have characteristic frequencies (CF) closest
to the corresponding electrode channels’ characteristic fre-
quencies. Typically, the characteristic frequencies of the elec-
trode channels are approximately logarithmically spaced
over the frequency and span over a typical cochlear implant
frequency range, i.e. from approximately 250 Hz to 7500 Hz.
In another possible implementation different from the men-
tioned exemplary implementation, the filter bank 104 could
provide the desired number of M bands directly that are
matched to the characteristic frequencies of the electrode
channel of a cochlear implant or a brainstem implant. Hence,
no selection of frequency bands is needed anymore in order to
reduce the number of frequency bands from e.g. 101 to M, and
no superfluous filtering of unused frequency bands needs to
be carried out.

Besides a computer simulation of a basilar membrane
model, the filter bank 104 may further comprise a computer
simulation of an inner hair cell model, which acts like a
rectifier with non-linear properties.

In this exemplary implementation, the complete filter bank
104 provides a set of output data (one sample per band) for
each stimulation cycle. If the total stimulation rate (TSR) is
not equal to the sampling rate, then the filter bank output may
be resampled to the total stimulation rate. The set of output
data forms the plurality of frequency bin signals 105.

An amplitude equalizer 106 (AE) is adapted to equalize the
plurality of frequency bin signal 105 corresponding to the
filter bank bands in a way that the plurality of frequency bin
signals 105 has the same range of magnitude among all bands.
For example, the amplitude equalizer 106 may adjust the
plurality of frequency bin signals 105 so that the output range
of each band is in [0,1], where 0.0 and 1.0 are extremes
corresponding to a pure tone input with the center frequency
of'the given band at 25.0 and 65.0 dB SPL model perception
level, respectively. Optionally, the amplitude equalizer 106
may have an input and a memory regarding which electrode
of the stimulation device 114 was selected for stimulation in
the last stimulation cycle, or in one of the last stimulation
cycles. If an electrode I was selected for stimulation in the
last stimulation cycle, then the frequency bin signal of the
frequency band that corresponds to the electrode L. stimulated
in (one of) the last cycle(s), will be attenuated for the current
stimulation cycle by a certain amount, e.g. 10.0 dB. It is
believed that the attenuation increases safety by decreasing
the risk of over stimulation by repetition, and/or supports the
perception of onsets, which may lead to better speech percep-
tion.

The equalized frequency bin signals are forwarded to a
loudness mapping function 108 which maps the amplitude of
the samples to an electrical unit representing the magnitude of
the stimulation. The low and high limit of the stimulation
magnitude per electrode is individual among Cl-patients.
Assuming the patient’s limits are C,,,,, and C,,,,,, the loudness
mapping function 108 will map the input range of [0, 1] to
[Ciows Chigrnl- The loudness mapping provided by the loud-
ness mapping function 108 can be non-linear, but has to be
monotonic. In an exemplary embodiment which has been
implemented for test purposes, the loudness mapping is lin-
ear.

A feature extractor and selector module 110 (FES) extracts
and/or selects a certain number of the M input samples. Each
of'the M input samples corresponds to an instantaneous value
of one of the plurality of amplitude equalized and loudness-
mapped frequency bin signals. Typically, the selected input
samples exhibit properties that distinguish them from the
remaining input samples. The selected input samples form a
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set of selected frequency bin signals 305 (FIG. 3). The selec-
tion of the set of selected frequency bin signals could change
quite frequently, such as once every sample period. There-
fore, in terms of a duration of the selected frequency signals,
the set of selected frequency bin signals 305 may be as short
as a single sample. The determination of the set of selected
frequency bin signals 305 may be based on various criteria,
such as a magnitude of the input samples. The set of selected
frequency bin signals comprises N selected frequency bin
signals. These N selected frequency bin signals or samples
typically have the largest magnitudes, and they are sorted so
that a first selected frequency bin signal M(1) represents the
highest amplitude and M(N) the n-th highest amplitude
sample, i.e. the frequency bin signal with the lowest magni-
tude of the selected frequency bin signals. In the exemplary
implementation mentioned above, the number N of selected
frequency bin signals in the set of selected frequency bin
signals is N=3. Typically, the determination of the set of
selected frequency bin signals will be based on the magnitude
of the input samples to the feature extractor and selector
module 110. In this case, the set of selected frequency bin
signals may be called a set of strong frequency bin signals, or
a set of dominant frequency bin signals. The strong frequency
bin signals or the dominant frequency bin signals are those
signals that are likely to contain useful information contained
in the original sound data that will help the recipient to e.g.
understand a word or hear a certain sound. Note that the
expression “strong frequency bin signals” does not necessar-
ily mean “strongest frequency bin signals”, although it is
contemplated that the set of strong frequency bin signals
typically contains the frequency bin signals with the N largest
magnitudes.

The feature extractor and selector module 110 then selects
one frequency bin signal from the set of selected frequency
bin signals (or one sample from the set of selected samples).
This selection is typically random so that either one of the set
of selected frequency bin signals may be selected. The ran-
dom selection can be biased by means of one or more selec-
tion probability values that are assigned to one or more
selected frequency bin signals within the selected set. By
assigning specific selection probability values to the selected
frequency bin signals or samples, the selection of an ulti-
mately retained frequency bin signal/sample for subsequently
driving a corresponding electrode of the stimulation device
114 can be controlled in a manner that the sample with the
largest magnitude is selected more often than the other
samples in the set of selected samples, but not any time. The
selection probability values may be chosen as a function of a
parameter S which represents the probability of choosing the
higher magnitude sample. If S=1.0, then the highest magni-
tude sample M(1) will be selected in each cycle, hence, the
stimulation is deterministic. If, for example, S=0.8 and N=3,
then the probability of selecting M(1), MJ(2) or M(3) is 80%,
16% and 4%, respectively. If S<1.0, then the stimulation is
stochastic, which may account for a better bio-compatibility.
In the above mentioned exemplary implementation, the
parameter S was chosen to be S=0.9.

A stimulus builder module 112 (SBM) determines other
properties (like pulse type, pulse width, etc.) of the stimulus
signal based on the properties of the used stimulation device
and on the patient’s preferences. The stimulus builder module
112 also receives data from the feature extractor and selector
module 110, in particular which one of the set of selected
frequency bin signals has been selected by means of the
random selection process. The selection of a certain fre-
quency bin signal/sample determines which electrode of the
stimulation device 114 will be activated. The feature extractor
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and selector module 110 may also provide data regarding a
magnitude of the selected sample to the stimulus builder
module 112.

To reduce recurrence in stimulation, it may be useful to
stochastically change one or more stimulus parameter(s) over
time. One possible waveform for an electrode stimulation
signal may be a biphasic pulse which has a short gap (approxi-
mately 8 pus) between the two phases. The duration of the gap
may be subjected to random variations that can also be
observed with persons having normal hearing. Such random
variations reflect natural processes and are believed to
improve perception capabilities of the recipient of the neural
auditory prosthesis 100. In the exemplary implementation
mentioned above, the phase gap G is randomly varied among
subsequent stimulations in the range of [(1-])-G, (1+J)-G],
where J=0.1. Typically, J will be in the interval [0, 1], but
closer to 0 than to 1 (0=J<<1).

In summary, the neural auditory prosthesis 100 shown in
FIG. 1 receives a sound signal, analyzes the sound signal with
respect to its frequency contents in a number of frequency
bands, normalizes the obtained frequency bin signals, selects
a reduced number of the frequency bin signals, randomly
selects a single one of the frequency bin signals, and generates
an electrode stimulation signal based on parameters and prop-
erties of the selected frequency bin signal. Finally, the elec-
trode stimulation signal is applied to an electrode correspond-
ing to a frequency band of the selected frequency bin signal.

Some of the above mentioned signal processing blocks or
tasks may be omitted. For example, the feature extraction and
selection module 110 could proceed directly to the random
selection of one frequency bin signal without the intermedi-
ary step of determining a set of selected frequency bin signals.
This may be achieved by assigning very small selection prob-
ability values (possibly zero) to those frequency bin signals/
samples that have relatively weak magnitudes compared to
other frequency bin signals/samples.

FIG. 2 shows in diagram A the output of the filter bank 104
over time for a synthetic input sound consisting of a sine
sweep signal (275 Hz to 7750 Hz) and of a constant 2000 Hz
pure tone with an amplitude of -6 dB FS relative to that of the
sweep. The number of frequency bands M is 22, i.e. already
reduced to match the number electrodes of the stimulation
device 114. The diagram of F1G. 2 A illustrates a magnitude of
a frequency bin signal within a certain frequency band at a
certain instant in time as different shades of gray. The total
sample rate TSR is TSR=9000/s. It can be seen that the 2000
Hz pure tone shows up on three different frequency bands.
Furthermore, a low frequency beat can be observed where the
sine sweep signal approaches a frequency of 2000 Hz of the
constant 2000 Hz pure tone.

The diagram B in FIG. 2 shows an output of the feature of
the feature extractor selector module 110 generated on the
basis of the filter bank output shown in diagram A of FIG. 2.
The feature extractor and selector module output of diagram
B was obtained by configuring the signal processing with the
following parameters: The repetition penalty P was chosen to
be 0.0 dB, i.e. a current frequency bin signal or sample was
not attenuated if it was used for generating the electrode
stimulation signal in the previous cycle. The parameter S
controlling the distribution of selection probability values
among the plurality of frequency bin signals 105 was set to
S=1.0. This means that the selection of the frequency bin
signal to be used for the generation of the actual stimulation
signal is deterministic. Hence, the feature extractor and selec-
tor module 110 selects the frequency bin signal having the
highest magnitude.
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The diagrams C and D in FIG. 2 show further outputs of the
frequency extractor and selector module 110 obtained under
different parameter settings. The filter extractor and selector
module output shown in diagram C was obtained by setting
the repetition penalty attenuation to P=10.0 dB and the
parameter S controlling the distribution of the selection prob-
ability values to S=1.0 (deterministic). In the case of diagram
D, the repetition penalty attenuation was setto P=10.0 dB and
the parameter S was set to S=0.5 (stochastic). Especially in
the case of diagram D it can be seen that the chosen parameter
settings allow the softer pure tone to show up steadily in the
stimulation pattern. In contrast, the softer pure tone vanished
completely in the second half of the sine sweep signal for the
parameter settings corresponding to the feature extractor and
selector module output shown in diagram B. The parameter
settings valid for diagram C (repetition penalty attenuation
and deterministic frequency bin signal selection) shows some
improvement. Introducing a certain degree of randomness, as
has been done for the generation of the feature extractor and
selector module output shown in diagram D, yields a stimu-
lation pattern that reflects a major part of the relevant infor-
mation contained in the original input sound. The diagrams A
to D of FIG. 2 cover a time span of 100 ms.

The presented method of electrode stimulation allows for
keeping a large portion of fine temporal structure of an origi-
nal signal when applied to the output of the filter bank 104.
Among other possible effects, cochlear pressure waves, also
called delay trajectories, remain part of the stimulation pat-
tern, which is believed to increase speech perception in
patients. For the same reason, phase-locking, compression
and adaptation effects of the (simulated) basilar membrane
and inner hair cell complex can be relatively faithfully repre-
sented, which leads to better pitch and onset perception.

The presented system does not inherently depend on block-
by-block processing, neither on the audio input side, nor on
the stimulation output side. An effective lag between two
identical devices in a binaural setup using this system would
be 1/TSR seconds at maximum, if the processing blocks are
capable of processing data belonging to one sample period in
a substantially immediate manner. Some filter bank technolo-
gies currently in use, such as fast Fourier transformation
(FFT) may relay on several sample periods for analyzing an
input signal with respect to the input signal’s frequency con-
tent, which introduces a delay to the signal processing. In this
case, the effective lag between two identical devices in a
binaural setup is somewhat random and could be as long as
the introduced delay, i.e. several sampling periods or even
tens of sampling periods. With the immediate signal process-
ing made possible by the teachings disclosed herein, horizon-
tal-plane localization of sound sources is possible to a degree
not achieved by most currently available systems.

Horizontal-plane localization ability with binaural systems
may further be improved by stochastically varying the phase
gap in the stimulus builder module 112 as will be explained in
connection with the description of FIG. 7.

The inclusion of stochastic processing in the signal pro-
cessing within the feature extractor and selector module 110
and/or the stimulus builder module 112 are expected to
increase bio-compatibility and overall perception quality.

FIG. 3 shows a schematic block diagram of the feature
extractor and selector module 110 and the stimulus builder
module 112. The feature extractor and selector 110 receives a
plurality of frequency bin signals 105 from the loudness
mapping function 108. It is however possible that the plurality
of frequency bin signals 105 is provided by the filter bank 104
or the amplitude equalizer 106, i.e. the neural auditory pros-
thesis 100 does not comprise a loudness mapping function
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108. The plurality of frequency bin signals 105 arrive at a
plurality of signal inputs 302. Within the feature extractor and
selector module 110 the plurality of frequency bin signals are
forwarded to a sorter 304 that is adapted to determine a
ranking of the plurality of frequency bin signals 105 with
respect to a certain criterion, such as a magnitude. The fre-
quency bin signals 105 are processed in a piecewise manner,
that is the sorter 304 analyzes pieces of the frequency bin
signals that fall within a certain time span, for example one
sample period.

Information about an order of the plurality of frequency bin
signals determined by the sorter 304, or the frequency bin
signals arranged in the determined order themselves, or a part
of' the plurality of frequency bin signals such as those having
the largest magnitudes, is output by the sorter 304 and pro-
vided to a random selector 308. The random selector 308
selects one frequency bin signal from the ordered set of fre-
quency bin signals, for example, according to a random pro-
cess which is controlled by one or more selection probability
values. Typically, a relatively high selection probability value
is assigned to the frequency bin signal having the largest
magnitude. A smaller selection probability value will be
assigned to the frequency bin signal having the second largest
magnitude, and so on. In FIG. 3 it is assumed that the sorter
304 provides a set of frequency bin signals, or of references to
the frequency bin signals, which has N elements. As such, the
sorter 304 may comprise a selector adapted to select a reduced
set of selected frequency bin signals 305 that has fewer than
the plurality of frequency bin signals. A size of N=3 for the
reduced set of selected frequency bin signals provides the
random selector 308 with the three frequency bin signals
having the three largest magnitudes from which the random
selector 308 is adapted to pick one by means of a random
process taking into account the selection probability value(s).

The selection probability values are referenced in FIG. 3
with p(1), p(2), and p(N). The selection probability values are
provided to the random selector 308 by a selection probability
value assigner 306 that sets the selection probability values
p(1) for the frequency bin signal having the largest magni-
tude, the selection probability value p(2) for the frequency bin
signal having the second largest magnitude, and also the
selection probability value p(N) for the frequency bin signal
having the n’th largest magnitude and which typically is the
last one considered in the set of selected frequency bin sig-
nals. The selection probability value assigner 306 may take a
parameter S as an input and the selection probability values
are calculated as a function of the parameter S.

An output of the random selection 308 is either an indicator
for an electrode selected by the random selector 308 or a
selected frequency bin signal. In the former case, the selected
electrode indicator is provided to a multiplexer 310 as a
control signal. The multiplexer 310 comprises a plurality of
inputs for the plurality of frequency bin signals 105. In FIG.
3 the plurality of frequency bin signals is passed onto the
multiplexer 310 from the sorter 304, but this is only one of
several possible implementations. For example, the multi-
plexer 310 could be connected directly to the signal inputs
302. The multiplexer 310 connects one of its inputs corre-
sponding to the selected electrode indicator with an output of
the multiplexer 310. Thus, the selected frequency bin signal is
passed onto an amplitude determination module 312. An
alternative to providing the multiplexer 310 could be to
include the multiplexer capability in the random selector 308.
A random selector 308 would then receive the selected fre-
quency bin signals and forwards one frequency bin signal of
the set of selected frequency bin signals to the amplitude
determination module.
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The amplitude determination module 312 analyzes the
selected frequency bin signal with respect to an amplitude
thereof. Typically, an amplitude determination is already per-
formed by the sorter 304 so that the amplitude determination
module 312 may simply access or use the corresponding
amplitude data provided by the sorter 304. The amplitude
determination module 312 produces a parameter or a param-
eter set that is used by an electrode stimulation signal genera-
tor 314 which is a part of the stimulus builder module 112.
The electrode stimulation signal generator is adapted to cre-
ate an electrode stimulation signal based on the parameter(s)
provided by the amplitude determination module 312 and/or
the feature extractor and selector module 110. The generation
may use a template for the electrode stimulation signal which
is adjusted according to the provided parameter(s). The gen-
erated electrode stimulation signal is provided to an electrode
stimulation signal output 316 of the stimulus builder module
112 from where it is passed on to the stimulation device 114.
The electrode stimulation signal generator 314 also receives
the selected electrode indicator from the random selector 308
so that the generated electrode stimulation signal may com-
prise an information about the selected electrode to which the
electrode stimulation signal shall be applied. Although only a
single electrode stimulation signal output 316 is shown in
FIG. 3, the electrode stimulation signal generator 314 and the
stimulus builder module 112 could comprise a plurality of
electrode stimulation signal outputs, for example one output
per electrode of the stimulation device 114.

The proposed feature extractor and selector module 110
introduces a degree of randomness in the electrode selection
which reflects phenomena that can be observed in the audi-
tory sense of persons who are not hearing impaired. Since this
is a natural phenomenon, the healthy remainder of the audi-
tory sense of the recipient of the neural auditory prosthesis
100 possibly reacts better to a slightly random signal than to
a completely deterministic signal.

FIGS. 4A and 4B show a schematic flowchart of a method
for generating a control signal for a neural auditory prosthesis
100. The method starts by receiving a pulse code modulated
(PCM) audio signal that has been sampled at a sample rate
SR, e.g. 44.1 KHz. Often, the sampling rate SR of the audio
signal is higher than a pulse rate of the electrode stimulation
signal at the output of the neural auditory prosthesis 100.
Therefore, a number of Ng samples of the audio signal can be
processed during one stimulation cycle. In a neural auditory
prosthesis 100 in which the method or the device according to
the teachings disclosed herein is implemented, the PCM
audio signal is typically provided by components of the neu-
ral auditory prosthesis 100 not depicted in FIG. 3, such as a
microphone, an amplifier, and an analog-to-digital converter.

A first action of the method illustrated in FIG. 4A is to
perform outer and middle ear (OME) filtering, as shown in
block 402. A basilar membrane (BM) response calculation is
also performed at 402. The basilar membrane response is a
plurality of frequency-filtered signals obtained by processing
the PCM audio signal by means of a simulation model of the
basilar membrane. In a simplified manner, the simulation
model of the basilar membrane can be regarded as a filter
bank comprising a plurality of bandpass filters that are closely
spaced in the frequency domain. Block 404 represents the
basilar membrane response which comprises 101 frequency
bin signals having Ng samples each. The number of 101
frequency bin signals is purely exemplary.

At 406 some of the frequency bin signals from the basilar
membrane response 404 are chosen for further calculation:
This action or functional block 406 is called channel chooser
(ChCh). In the exemplary implementation shown in FIG. 4A
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normally 22 frequency bin signals out of the original 101
frequency bin signals are kept, as can be seen at block 408
representing the basilar membrane response after channel
choosing (“BM response (ChCh)”). The basilar membrane
response after channel choosing 408 thus comprises 22 fre-
quency bin signals with a length of N samples each in the
exemplary implementation of FIG. 4A.

The choice of the channels at 406 is typically made by
comparing characteristic frequencies (CF) of the channels
(e.g. a center frequency of the corresponding frequency bin)
with characteristic frequencies of the electrodes in the stimu-
lation device 114. For example, the channels may be selected
so that their center frequencies are closest to the center fre-
quencies used in an advanced combination encoder (ACE)
strategy of a given recipient of the neural auditory prosthesis
100.

At 410 the data on the chosen channels will first be pro-
cessed by simulated inner hair cells tuned to act as high-
spontaneous rate (HSR) inner hair cells. The high-spontane-
ous rate inner hair cells start to operate at hearing threshold
level and saturate at about 65 dB SPL. This simulation stage
is followed by a synaptic cleft model so that the output of the
auditory model can be thought of as a neurotransmitter con-
centration in the synaptic cleft (denoted as CC datain FIG. 4A
at reference sign 412) at given positions along the basilar
membrane. A CC data 412 corresponds to the output of the
filter bank 104 and thus the plurality of frequency bin signals
105. The filter bank output is interfaced to a core strategy
module.

As afirstaction of the interfacing, the filter bank output 412
is resampled in time, at 414 to match the total stimulation rate
(also denoted as total pulse rate: TPR). This results in a data
set CCRE® data 416 comprising the 22 resampled frequency
bin signals having N, samples each. The value N, may be
equal to 1 so that each frequency bin signal in the data set 416
comprises a single (instantaneous) sample only. At 418, data
elements of the resampled filter bank output 416 related to
channels not marked as inactive are converted to dB FS units.
This is possible, since the CC®#* values are non-negative
(zero elements and values related to inactive channels will be
translated to -99.9 dB FS values to avoid log domain error).
The channel gain correction can also be applied, ifneeded, via
simple addition to change the perceived loudness per channel.

In an exemplary implementation of the method of gener-
ating a control signal for a neural auditory prosthesis 100 all
further processing steps may be reside in a loop on a sample-
by-sample basis (or on a stimulation-cycle basis), so that an
operation of a current cycle may use the results from a previ-
ous cycle.

Starting with the data set 420 of frequency bin signals
converted to dB FS values, a repetition penalty 422 is applied
to that channel of the data set 420, which was involved in a
stimulation of the corresponding electrode in the last cycle, or
in at least one of the last cycles. By increasing the value of the
repetition penalty, the probability of a repeated selection of
the same electrode in consecutive cycles can be decreased or
even completely disallowed. Applying the repetition penalty
at 422 produces a data set 424 (CCT* data).

The method continues in FIG. 4B as indicated by the con-
nector A. At 426 a loudness mapping is performed. In the
exemplary implementation illustrated in FIGS. 4A and 4B the
values in each channel of the data set 424 are analyzed and
mapped from a loudness range to a normalized range. A lower
limit of the loudness range is provided by a threshold level
and a higher limit of the loudness range is given by a comfort
level. Typically, the threshold levels and the comfort levels are
different for the chosen channels. The threshold level is
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mapped to the value 0.0 of the normalized range and the
comfort level is mapped to the value 1.0 of the normalized
range. Values between the threshold level and the comfort
level are mapped to values within the normalized range [0.0,
1.0]. The mapping may be linear or non-linear, e.g. according
to a square law, an exponential law, a logarithmic law, or a
sigmoid law. Values smaller than the threshold level are
mapped to 0.0, while values larger than the comfort level are
mapped to 1.0. The data set containing the loudness mapped
frequency bin signals is designated by the reference sign 428
in FIG. 4B.

Next, a loudness growth function (LGF) is applied to the
loudness mapped data 428 (CC*™ data), at block 430. The
loudness growth function maps the normalized range [0, 1] to
another normalized range [0, 1] by means of a curve that is
individual for each channel of the neural auditory prosthesis
100. The curves of the plurality of loudness growth functions
for the plurality of chosen frequency bin signals is controlled
by a curve shaping factor which is allowed to vary among the
channels. While in theory it would be possible to combine the
loudness mapping 426 and the loudness growth function 430,
their separation may be easier to handle for an audiologist
when adjusting the neural auditory prosthesis 100 to a spe-
cific recipient. A block 432 represents the data of the chosen
channels after the loudness growth function (CCF“* data).

In the next step, the three channels having the largest
amplitude values in the data set 432 are searched for. The
determined maximum values are sorted in descending order
and are stored along with their original (channel) indices in a
data structure CCM4¥, A first data element CC*4¥[0] of the
data structure CC**¥ 436 represents the largest maximum,
CCM™*X[1] the second largest maximum and CC***[2] the
third largest maximum. The number of three maximum val-
ues is exemplary. For the purposes of the method disclosed
herein, any number of determined maximum values equal to
or larger than two may be used. It can happen that all chosen
channels have signal values in the data set 432 that are below
aprocessing threshold. In this case, a null stimulation will be
scheduled for the current cycle and all consecutive processing
steps are skipped.

If not only the largest maximum CC*%¥[0] was found, but
also the second largest maximum CC*#*[1] and possibly
further largest maximums according to the order determined
by the processing block 434, then the next task is to select one
of'them. Based on the settings controlling a randomness of the
selection process, such as the parameter S (FIG. 3), this
selection can be deterministic or stochastic. The parameter S
represents the probability of choosing the largest maximum.
If S=1.0, then in each cycle the largest maximum CC*4¥[0]
will be selected and the stimulation is deterministic. If S<1.0,
then the stimulation is stochastic, which may account for
better bio-compatibility. The application of the parameter S
may be recursive, that is in a first recursion the selection
probability values p(1) for the largest maximum is deter-
mined and by calculating 1-p(1) the combined probability for
the second largest maximum to the n’th largest maximum is
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calculated. In a subsequent recursion, the selection probabil-
ity value for the second largest maximum p(2) is determined
by calculating (1-S). If, for example, three peaks were found
and S=0.8, then the selection probability values p(1), p(2),
and p(3) of selecting CCM**¥[1], CCM*[2] or CCM4¥[3] is
80%, 16% and 4%, respectively. The action of choosing one
of'three peaks is represented by block 438 in FIG. 4B. Block
440 represents the selected data element CCS#~ containing
1xN samples.

At block 424 a volume setting is performed on the selected
frequency bin signal or sample. The volume setting comprises
adjusting a dynamic range determined by the difference ofthe
threshold and comfort levels of the electrical stimulation. If
no custom volume is specified, then a default setting for the
volume is used. In the same processing step the volume-
adjusted values are mapped to a current level range of [thresh-
old current level, comfort current level] and rounded to “cur-
rent level” integers. Furthermore, stimulation parameters are
gathered to form a stimulus parameter set (denoted as StimPar
data in FIG. 4B, reference sign 444). The stimulation param-
eters may be a width of the electrode stimulation signal (e.g.,
a duration of a gap occurring during the electrode stimulation
signal) and an indicator of the electrode to which the electrode
stimulation signal shall be applied. The indicator of the elec-
trode to be used for stimulation can typically be taken from
the data set 440.

At the optional block 446 a possibility is given for stochas-
tically varying different ones of the parameters controlling
the generation of the electrode stimulation signal. As an
example, the possibility may be given to vary the phase gap
length property of a biphasic electrode stimulation signal
between well-defined limits in a stochastic manner. This ran-
dom variation adds some irregularity to the stimulation sig-
nal, which reduces periodic characteristics, while preserving
fine temporal structures of the original signal. For example, a
phase gap variation AG may be introduced which causes a
length of the phase gap to be varied among subsequent stimu-
lation cycles in a range of [(1-AG)-G,, (1+AG)-Gy]. The
variable G, represents an average length of the phase gap. The
phase gap variation AG is in the range [0, 1] and typically has
a value much smaller than 1, e.g. AG=0.1. The application of
such a phase gap variation may be subjected to a compatibil-
ity with a current stimulation mode (determined e.g. by the
stimulation rate). In particular, it may be that the current
stimulation mode allows certain maximal values for the phase
gap variation. In case the application of a phase gap variation
or of the value of the phase gap variation is not compatible
with the current stimulation mode the action 446 may be
completely skipped.

Whether or not a stochastic variation of one or more stimu-
lus parameters has been performed, a corresponding param-
eter set 448 is provided. The stimulation parameter set 448 is
then used to generate and apply a corresponding electrode
stimulation signal at block 450.

Exemplary configuration parameters related to the audi-
tory filter bank 104 are listed in the following table:

Configuration Key

Exemplary values

Comment

SFREQ
BM_NO_SECTIONS
BM_MAX_LAT_COUPL
BM_MAX_BARK
BM_DELTA_Z
BM_BM_PREAMP
BM_FACTOR

44100.0 Sampling frequency (in Hz).
101 Number of BM-sections to be simulated.
8 Number of laterally coupled sections.
25 Max frequency that the BM should simulate (in Bark).
0.25 Frequency spacing of adjacent BM-sections (in Bark).
-50.0 BM input and output range amplification (in dB). They
-113.0 account for the right working range of the BM.
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-continued
Configuration Key Exemplary values Comment
BM_NO_OME 0 Whether to disable outer and middle ear filtering.

BM_HWM_CQNU_FACTOR 0.6
BM_HWM_C_FACTOR 3.0
BM_USAT_FACTOR1 5.0
BM_USAT_FACTOR2 200.0
BM_REAL_CFS 84.9,97.0,...,19077.7
POST_BM_CHANNELS 22
BM_CHANNEL_MAP 11,16,...,86
C_CILIA -55.0
KT_FACTOR 5.69

Factors to fine-tune the delay trajectory shapes.

Factors to fine-tune the non-linear amplitude
characteristics of the BM model.

Estimated channel frequencies at 55.0 dB SPL.

Number of sections the channel chooser should keep.
Sections to keep by channel chooser.

Coupling factor: ITHC release probability to cleft (in dB).
Cleft concentration amplification factor.

Exemplary parameters relative to the operation of the 15 it fulfills one or more criteria, such as having a large magni-

amplitude equalizer 106, the loudness mapping function 108,
the feature extractor and selector module 110, and the stimu-
lus builder module 112 are listed in the following table:

tude.
At another optional action 604 the set of strong frequency
bin signals is sorted according to magnitude so that a fre-

Configuration Key Exemplary values Comment

MAP_CHANNEL_AC 1,1,1,1,1,1,1,...,1 Flagactive channels (1: active, O: inactive).

MAP_CHANNEL_TL 0,0,0,0,0,0,0,...,0 Threshold/comfort level per channel (in Current

MAP_CHANNEL_CL 255, 255,255,...,255 Level), as in the personalized MAP of the Cl-user.

MAP_CHANNEL_GAIN 0.0,0.0,0.0,...,0.0 Gain correction per channel (in dB).

MAP_CHANNEL_TDB -37.6,-38.8, ..., -67.0 CC? data levels for a pure tone of the respective

MAP_CHANNEL_CDB -20.4,-22.5,...,-33.7 center frequency with T-SPL/C-SPL loudness.

MAP_CHANNEL_CSF 0.01,0.01,...,0.01  Curve shaping factors for loudness mapping.

MAP_TOT_PULSRATE 9000 Total pulse rate (in 1/s).

MAP_PHASE WIDTH 25.0 Phase width (in ps).

MAP_PHASE_GAP 8.0 Inter-phase gap (in ps).

MAP_REF_ELECTRODE -3 Reference electrode (-3, -2 or -1).

MAP_GAP_JITTER 0.1 Inter-phase gap jitter (1.0: max, 0.0: none).

MAP_MAX_RANDOMNESS 0.1 Level of randomness in maxima selection (0.5: max).

MAP REP PENALTY 10.0 Level with which a filter-bank band should be attenu-
ated if already stimulated in the last cycle (in dB).

MAP_DEFAULT_VOLUME 1.0 Default volume in stimulation (1.0: max, 0.0: min).

FIG. 5 shows a response of a basilar membrane and of a
model thereof for a 1000 Hz pure tone at various loudness
levels. The observations obtained from the original basilar
membrane are represented as black squares in FIG. 5 and
show that the basilar membrane has a relatively high sensi-
tivity for loudness differences ina low loudness range, as well
as in a high loudness range. In an intermediate loudness range
between approximately 40 dB SPL and 80 dB SPL the curve
is relatively flat, indicating that the basilar membrane has a
relatively low sensitivity towards loudness in this range. A
simple linear model of the basilar membrane behavior is
shown in FIG. 5 as a thick full line that asymptotically
approaches the observation at high loudness levels. The linear
model substantially neglects a basilar membrane response for
loudness levels below approximately 60 dB SPL. A model
characteristics represented by a thin full line in FIG. 5 follows
the observations more closely, while the active characteristics
drawn as a thick dashed line are still closer to the observa-
tions. A basilar membrane input and output range amplifica-
tion and the factors for fine-tuning the amplitude character-
istics may be tuned in a way that the non-linear characteristic
of the simulated basilar membrane best fit experimental data.

FIG. 6 shows an exemplary, schematic flowchart of a
method according to one aspect of the teachings disclosed
herein. After a start of the method at 601 a plurality of fre-
quency bin signals is received at 602. The plurality of fre-
quency bin signals may correspond to the electrodes available
in a stimulation device 114 of an auditory prosthesis 100. At
an optional action 603 a set of strong frequency bin signals is
determined. A frequency bin signal may qualify as “strong” if

40

45

quency bin signal having the largest magnitude, a frequency
bin signal having the second largest magnitude, and so on, can
be determined.

At least one selection probability value is assigned to at
least one of the strong frequency bin signals at 605. Typically,
the selection probability value is assigned to all of the strong
frequency bin signals in the selected set of strong frequency
bin signals. At an action 606 one of the strong frequency bin
signals is selected by means of a random process that is
“biased” by the selection probability value(s) assigned to the
strong frequency bin signals at the previous action 605. Typi-
cally, the frequency bin signal having the largest magnitude
will be selected with a higher probability than the frequency
bin signal with the second largest magnitude, and so on. It is,
however, possible that the second largest frequency bin signal
or even lower ranking frequency bin signals, in terms of their
magnitude, are selected during the action 606 if their assigned
selection probability value is non-zero.

The electrode stimulation signal is then generated at 607
for an electrode that corresponds to an index of the selected
strong frequency bin signal. The method ends at 608. The
method is typically repeated once per stimulation cycle.

FIG. 7 illustrates another option for introducing a degree of
randomness to the generation of the electrode stimulation
signal. The upper diagram in FIG. 7 shows a wave form of two
consecutive biphasic stimulation pulses. Each of the two
biphasic stimulation pulses begins with a negative pulse fol-
lowed by a gap G. After the gap G a positive pulse follows. A
duration of the gap G is given by Go+AG(t), where G, is an
average duration of the gap G and the term AG(t) is a time-
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varying, random portion of the gap duration. Thus, the two
consecutive biphasic pulses of the electrode stimulation sig-
nal may have different gap durations.

The lower diagram of FIG. 7 shows a waveform illustrating
the temporal evolution of the time-variable, random portion
AG(t), measured in microseconds. A new value for AG(t) is
determined in a periodical, random manner. For the sake of
illustration, several random determinations are shown in the
lower diagram of FIG. 7, even though one random determi-
nation per stimulation cycle may be sufficient. The time-
variable, random portion AG(t) of the gap duration may
assume any value between two limits -AG,,,,, and +AG,,,;,,.
The probability density distribution may be suitably chosen,
such as a uniform distribution or a Gaussian distribution.

The randomly determined duration of the phase gap may
be used in block 446 of FIG. 4B.

In FIG. 8 three different probability distribution densities
are shown for the random process of selecting one frequency
bin signal, and consequently, a corresponding electrode via
which the electrode stimulation signal of the current stimu-
lation cycle will be applied. In the upper diagram of FIG. 8,
the parameter S has been chosen to be S=1. This means that
the probability of selecting the largest magnitude frequency
bin signal p(1) is equal to 1, e.g. 100%. The selection prob-
ability values for the remaining frequency bin signals in the
set of strong frequency bin signals is p(2)=p(3)=0. This
means that the randomness in the frequency bin signal selec-
tion process has been eliminated and that the frequency bin
signal selection is in fact deterministic.

In the middle diagram of FIG. 8 the parameter S has the
value 0.9. This leads to the following selection probability
values: p(1)=0.9; p(2)=0.09; and p(3)=0.01. In the lower dia-
gram the parameter S is equal to 0.8. The resulting selection
probability values are p(1)=0.8; p(2)=0.16; and p(3)=0.04.

FIG. 9 shows a schematic flow diagram of a method
according to one aspect of introducing a degree of random-
ness to the generation of an electrode stimulation signal. After
the start at 901 a plurality of frequency bin signals is received
at902. At a block 903 a frequency bin signal from the plural-
ity of frequency bin signals is selected. Note that in the
context of this aspect of the teachings disclosed herein, none
of'the frequency bin signals could be selected or several ones
of the frequency bin signals could be selected.

At a block 904 the stimulation signal generation param-
eters used for generating the ultimate electrode stimulation
signal is varied at random within predefined bounds. An elec-
trode stimulation signal for application to a corresponding
electrode is then generated at 905 according to the stimulation
signal generation parameters determined and varied at the
action 904. The generated electrode stimulation signal(s) is
(are) then applied to the electrode(s) corresponding to the
selected frequency bin signal(s). At the block 906 the method
ends.

FIG. 10 shows a schematic block diagram according to an
aspect of the teachings disclosed herein. The plurality of
frequency bin signals 105 is received at a plurality of signal
inputs 302 from where they are distributed to a multiplexer
310 and an evaluator 1006 which is part of a feature extractor
and selector module 1010. The evaluator 1006 may for
example implement a selection method for the selective fre-
quency bin signals illustrated and described in the context of
FIG. 3. In the alternative, the evaluator 1006 could be imple-
mented according to a deterministic selection scheme. In a
manner similar to the one illustrated at FIG. 3, the selected
frequency bin signal is forwarded to the amplitude determi-
nation 312 where its amplitude is determined.
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The stimulus builder module 1012 comprises the electrode
stimulation signal generator 314 which receives the deter-
mined amplitude value and also an indicator for the selected
electrode/frequency bin signal. The stimulus builder module
1012 further comprises a parameter modifier 1008 connected
to the electrode stimulation signal generator 314. The param-
eter modifier 1008 is adapted to provide modified values of
stimulation signal generation parameters to the electrode
stimulation signal generator 314. The parameter modifier
1008 may comprises a randomizer so that random values of
the stimulation signal generation parameters are produced by
the parameter modifier 1008. In the alternative, the parameter
modifier 1008 may modify the stimulation signal generation
parameters in a predetermined manner, thus simulating a
random behavior. The electrode stimulation signal generator
314 generates corresponding electrode stimulation signals
which are available at an electrode stimulation signal output
316. An example of a stimulation signal generation parameter
subject to random variations (within certain bounds) is the
duration of the phase gap of a biphasic pulse.

The electrode stimulation signal generator 314 may use
predefined templates for the electrode stimulation signals.
These templates typically offer a number of options to modify
a resulting electrode stimulation signal by adjusting one or
more stimulation signal generation parameters.

Although some aspects have been described in the context
of an apparatus, it is clear that these aspects also represent a
description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method
step. Analogously, aspects described in the context of a
method step also represent a description of a corresponding
block or item or feature of a corresponding apparatus. Some
or all of the method steps may be executed by (or using) a
hardware apparatus, like for example, a microprocessor, a
programmable computer or an electronic circuit. In some
embodiments, some one or more of the most important
method steps may be executed by such an apparatus.

Depending on certain implementation requirements,
embodiments of the invention can be implemented in hard-
ware or in software. The implementation can be performed
using a digital storage medium, for example a floppy disk, a
DVD, a Blue-Ray, a CD, a ROM, a PROM, an EPROM, an
EEPROM or a FLASH memory, having electronically read-
able control signals stored thereon, which cooperate (or are
capable of cooperating) with a programmable computer sys-
tem such that the respective method is performed. Therefore,
the digital storage medium may be computer readable.

Some embodiments according to the invention comprise a
data carrier having electronically readable control signals,
which are capable of cooperating with a programmable com-
puter system, such that one of the methods described herein is
performed.

Generally, embodiments of the present invention can be
implemented as a computer program product with a program
code, the program code being operative for performing one of
the methods when the computer program product runs on a
computer. The program code may for example be stored on a
machine readable carrier.

Other embodiments comprise the computer program for
performing one of the methods described herein, stored on a
machine readable carrier.

In other words, an embodiment of the inventive method is,
therefore, a computer program having a program code for
performing one of the methods described herein, when the
computer program runs on a computer.

A further embodiment of the inventive methods is, there-
fore, a data carrier (or a digital storage medium, or a com-
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puter-readable medium) comprising, recorded thereon, the
computer program for performing one of the methods
described herein. The data carrier, the digital storage medium
or the recorded medium are typically tangible and/or non-
transitionary.

A further embodiment of the inventive method is, there-
fore, a data stream or a sequence of signals representing the
computer program for performing one of the methods
described herein. The data stream or the sequence of signals
may for example be configured to be transferred via a data
communication connection, for example via the Internet.

A further embodiment comprises a processing means, for
example a computer, or a programmable logic device, con-
figured to or adapted to perform one of the methods described
herein.

A further embodiment comprises a computer having
installed thereon the computer program for performing one of
the methods described herein.

A further embodiment according to the invention com-
prises an apparatus or a system configured to transfer (for
example, electronically or optically) a computer program for
performing one of the methods described herein to a receiver.
The receiver may, for example, be a computer, a mobile
device, a memory device or the like. The apparatus or system
may, for example, comprise a file server for transferring the
computer program to the receiver.

In some embodiments, a programmable logic device (for
example a field programmable gate array) may be used to
perform some or all of the functionalities of the methods
described herein. In some embodiments, a field program-
mable gate array may cooperate with a microprocessor in
order to perform one of the methods described herein. Gen-
erally, the methods are advantageously performed by any
hardware apparatus.

The above described embodiments are merely illustrative
for the principles of the present invention. It is understood that
modifications and variations of the arrangements and the
details described herein will be apparent to others skilled in
the art. It is the intent, therefore, to be limited only by the
scope of the impending patent claims and not by the specific
details presented by way of description and explanation of the
embodiments herein.

While this invention has been described in terms of several
embodiments, there are alterations, permutations, and
equivalents which fall within the scope of this invention. It
should also be noted that there are many alternative ways of
implementing the methods and compositions of the present
invention. It is therefore intended that the following appended
claims be interpreted as including all such alterations, permu-
tations and equivalents as fall within the true spirit and scope
of the present invention.

The invention claimed is:

1. A method of generating a control signal for a neural
auditory prosthesis, based on an audio signal, the method
comprising:

receiving a plurality of frequency bin signals;

determining whether one electrode of the neural auditory

prosthesis had been selected for stimulation during a
previous stimulation cycle;

attenuating a corresponding frequency bin signal of the

plurality of frequency bin signals that corresponds to the
determined electrode stimulated during the previous
stimulation cycle, wherein the corresponding frequency
bin signal is attenuated for a current stimulation cycle by
a predetermined amount;

selecting a reduced set of frequency bin signals from the

plurality of frequency bin signals, depending on magni-
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tudes of the plurality of frequency bin signals, the
reduced set of frequency bin signals having fewer fre-
quency bin signals than the plurality of frequency bin
signals;

assigning a selection probability value to each frequency

bin signal of the reduced set of frequency bin signals,
depending on each frequency bin signal of the reduced
set of frequency bin signals;

selecting one frequency bin signal of the reduced set of

frequency bin signals by a random process taking into
account the selection probability value assigned to the
one frequency bin signal of the reduced set of frequency
bin signals; and

generating an electrode stimulation signal for application

to an electrode of the neural auditory prosthesis corre-
sponding to a frequency of the selected frequency bin
signal; wherein

frequency bin signals of the reduced set of frequency bin

signals with relatively higher magnitudes are assigned
higher-valued selection probability values than selec-
tion probability values assigned to frequency bin signals
of the reduced set of frequency bin signals with rela-
tively lower magnitudes.

2. The method according to claim 1, further comprising:

varying a stimulation signal generation parameter used for

generating the electrode stimulation signal.

3. The method according to claim 2, wherein a template for
creating the electrode stimulation signal comprises a tempo-
ral gap in which the template is substantially zero-valued
between two non-zero sections, and wherein the stimulation
signal generation parameter subject to random variation is a
duration of the temporal gap.

4. The method according to claim 1, further comprising:

performing an amplitude equalization on the received plu-

rality of frequency bin signals.

5. The method according to claim 1, prior to assigning the
selection probability values to the reduced set of frequency
bin signals, further comprising:

mapping an amplitude of each one of the plurality of fre-

quency bin signals to a loudness-mapped representation
of the amplitude, the mapping being based on patient-
specific conditions.

6. The method according to claim 1, wherein the plurality
of frequency bin signals are received from a filter bank based
on a simulation of at least one of a basilar membrane and an
inner hair cell.

7. A non-transitory computer readable digital storage
medium comprising stored thereon a computer program com-
prising a program code for performing, when running on a
computer, a method for signal processing of a signal in a
neural auditory prosthesis to generate a control signal for the
neural auditory prosthesis, the method comprising:

receiving a plurality of frequency bin signals;

determining whether one electrode of the neural auditory
prosthesis had been selected for stimulation during a
previous stimulation cycle;
attenuating a corresponding frequency bin signal of the
plurality of frequency bin signals that corresponds to the
determined electrode stimulated during the previous
stimulation cycle, wherein the corresponding frequency
bin signal is attenuated for a current stimulation cycle by
a predetermined amount;

selecting a reduced set of frequency bin signals from the
plurality of frequency bin signals, depending on magni-
tudes of the plurality of frequency bin signals, the
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reduced set of frequency bin signals having fewer fre-
quency bin signals than the plurality of frequency bin
signals;

assigning a selection probability value to each of frequency
bin signal of the reduced set of frequency bin signals,
depending on each frequency bin signal of the reduced
set of frequency bin signals;

selecting one frequency bin signal of the reduced set of
frequency bin signals by a random process taking into
account the selection probability value assigned to the
one frequency bin signal of the reduced set of frequency
bin signals; and

generating an electrode stimulation signal for application
to an electrode of the neural auditory prosthesis corre-
sponding to a frequency of the selected frequency bin
signal; wherein

frequency bin signals of the reduced set of frequency bin
signals with relatively higher magnitudes are assigned
higher-valued selection probability values than selec-
tion probability values assigned to frequency bin signals
of the reduced set of frequency bin signals with rela-
tively lower magnitudes.

8. An auditory stimulation signal processing device com-

prising:

aplurality of signal inputs configured to receive a plurality
of frequency bin signals;

an amplitude equalizer configured to perform an amplitude
equalization on the plurality of frequency bin signals,
determine whether one electrode of a neural auditory
prosthesis had been selected for stimulation during at
least one previous stimulation cycle among a certain
number of previous stimulation cycles, and attenuate a
corresponding frequency bin signal that corresponds to
the determined electrode stimulated during the previous
stimulation cycle among the certain number of the pre-
vious stimulation cycles, wherein the amplitude equal-
izer is configured to attenuate the corresponding fre-
quency bin signal for a current stimulation cycle by a
predetermined amount;
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a sorter configured to select a reduced set of frequency bin
signals from the plurality of frequency bin signals,
depending on magnitudes of the plurality of frequency
bin signals, the reduced set of frequency bin signals
having fewer frequency bin signals than the plurality of
frequency bin signals;

a selection probability value assigner configured to assign
aselection probability value to each frequency bin signal
ofthe reduced set of frequency bin signals, depending on
each frequency bin signal ofthe reduced set of frequency
bin signals;

a random selector configured to select one frequency bin
signal from the reduced set of frequency bin signals by a
random process taking into account the selection prob-
ability value assigned to the one frequency bin signal of
the reduced set of frequency bin signals; and

an electrode stimulation signal generator configured to
generate an electrode stimulation signal for application
to an electrode of the neural auditory prosthesis, the
electrode corresponding to a frequency of the selected
frequency bin signal; wherein

frequency bin signals of the reduced set of frequency bin
signals with relatively higher magnitudes are assigned
higher-valued selection probability values by the selec-
tion probability value assigner than selection probability
values assigned to frequency bin signals of the reduced
set of frequency bin signals with relatively lower mag-
nitudes.

9. The auditory stimulation signal processing device
according to claim 8, further comprising a modifier config-
ured to vary a stimulation signal generation parameter used
for generating the electrode stimulation signal.

10. The auditory stimulation signal processing device
according to claim 8, wherein the plurality of signal inputs are
connectable to a filter bank, the filter bank being based on a
simulation of at least one of a basilar membrane and an inner
hair cell.



